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(54) Digital to analogue converter 

(57) A D/A converter is followed by a low-pass filter. To convert the digital signal values with a' small amount of 
circuitry to an analogue signal that permits high-qual'ity reproduction (e.g. stereo sound), the D/A converter is 
preceded by a coding circuit which transforms the digital signal values into pulse packets (22) each consisting of a 
number of pulses following each other without interruption. The repetition rate of these pulse packets is a multiple of 
the repetition rate of the signal values. The pulse packets (22) are largely symmetrical with respect to centerlines (ML) 
spaced at equal time intervals. A pulse on one and/or the other side of the centerline (ML) has an amplitude small r 
than or equal to a maximum value, and all other pulses of the pulse packet (22) have the maximum value. The 
voltage-time area of each pulse packet (22) corresponds to the respective digital signal value. 
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SPECIFICATION 

Digital toanal gue converter circuit arrangement and method of digital to analogue convertion 

5 The present invention relates to digital to analogue convertion in which low pass filtering is effected after 5 
convertion. Such a procedure may permit signals which were originally analogue signals, e.g. audio signals, 
and which have been digitised, e.g. by pulse-code modulation, - for better transmission in a 
telecommunication network, to be converted back at a receiver into analogue signals necessary for 
reproduction. 

10 In the planned broadband integrated-services digital network, BISDN, stereophonic signals of high quality 10 
are to be transmitted. To digitise such signals, finer quantisation levels must be used, so that each transmitted 
sample value has a word length of, e.g. 15 bits. To convert the digital signal values back into analogue audio 
signals prior to reproduction at the receiver, 15-bit digital-to-analogue (D/A) converters are needed which meet 
stringent linearity requirements. Such D/A converters, however, are extremely expensive to fabricate. 

15 In apriorartD/Aconverter (British Patent 1444216), the sampling rateoftheincoming digital valuesis 15 
therefore increased, and the word length of the signal values is reduced. A pulse stream is produced whose 
mean density is proportional to the signal amplitude. From this pulse stream, the analogue signal can be 
reconstructed by means of a low-pass filter. To process high-quality stereophonic signals, however, a high 
sampling frequency of 32 kHz is required, which, in the prior art converter, results in very high pulse repetition 

20 rates (8 to 1 6 MHz) and, thus, in an equally high system clockfrequency if 15-bit amplitude quantisation is used. 20 
In addition, a very-high-precision pulse shaper is necessary before the analogue postfiltering to make the area 
of the pulses constant, taking account of leading and trailing edges. Such a pulse shaper, however, is of 
complicated design and difficult to implement. 
The present Invention seeks to convert digitised signals to an analogue signal with a small amount of 

25 circuitryand in such a way that high-quality "reproduction is possible. 25 
According to one aspect of the invention there is provided a digital to analogue circuitarrangement 
comprising a digital-to-analogue converter followed by a low-pass filter, characterised in thatthe 
digital-to-analogue converter is preceded by a coding circuit in which the digital signal values are transformed 
into pulse packets which consist of a number of pulses following each other without interruption and having a 

30 repetition frequency equal to a multiple of the repetition frequency of the signal values, thatthe pulse packets 30 
. have a shape which is largely symmetrical with respectto equidistant centerlines, that a pulse on one and/or 
the other side of the centeriine of the pulse packet has an amplitude smaller than or equal to a maximum value, 
while all other pulses of the pulse packet have the maximum value and thatthe time integral over a pulse 
packet corresponds to the digital signal value at the input of the coding circuit. 

35 The invention also includes a method for converting a digital signal to an analogue signal employing such a 35 
converter comprising thefollowing steps: increasing the repetition frequency of the incoming signal values by 
interpolation, reducing the word length of the signal values of increased repetition frequency, deriving an 
errorsignalfrom the difference between the interpolated signal values of increased repetition frequency and 
the signal values having a reduced number of bits and the same repetition frequency, band limiting the error 

40 signal by digital filtering addingthebandlimitederrorsignaltothesignal values of increased repetition 40 
frequency, converting the signal values of increased repetition frequency to an analogue signal, and 
suppressing the clock-frequency components by analogue postfiltering, characterised in that the signal values 
having a reduced number of bits and increased repetition frequency are converted to pulse packets of the 
same repetition frequency which are symmetrical with respectto instants following each other at the 

45 increased repetition frequency, and thatthetime integrals of the amplitudes of the individual puJse packets 45 
correspond to the amplitudes of the incoming digital signal values. 

The circuit of the invention iswellsuitedforintegration.Whereclockfrequenciesof about512 kHzto2048 
MHz are employed, these can be readily implemented with MOS technology. A D/A converter with a maximum 
word length of 8 bits is suited for implementation in MOS technology, too, because it need not meetany 
50 stringent linearity requirements. The amount of circuitry requiredforanalogue postfiltering is extremely small 50 

beca use of the oversa mpl ing . 

In order that the invention and its various other preferred features may be understood more easily, some 
embodiments thereof will now be described, byway of example only, with reference to the drawings, in 
which:- 

55 Figure / is a block diagram of a digital to analogue converter in accordance with the invention, 55 
Figure 2 \$ a g raph showing the relative power density of the noise signal, reduced by quantisation-error 
feedback, withfourfoldoversamjDling, 

F/^£/re3isa graphshowingtherelativepowerdensityofthenoisesignal,reduc d by quantisation- rror 
f edback, with eightfold oversampling, 
60 F/^£/re4 shows three mbodiments of errorfilter which can b used in the converter of Figure 1, ™ 
Figure Sshows a firstf orm of signal pulses delivered by the converter of Figure 1 , 
F/5ri/re5shows details of the signal pulses of Figures, 

Figures la, lb and 7care graphs illustrating the linearity improvement achieved by the invention. 
Figure 8 shows a second form of signal pulses delivered by the converter of Figure 1 , 
65 Figure9shoyNS a thirdform of signal pulses delivered by theconverter of Figure 1 , ^ 
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F/flri/re 70 shows a modification of a portion of the converter of Figure 1 . 

Figure 1 shows a transmission line l.which for exampleformspaftof a BISDN network, over which - 
PCM-codedstereophonicsignals are transmitted to a digital-to-analogue converter, constructed in 
accordancewiththe invention, where they ar converted to analogue signals. The D/Aconverterforrns part of " 
5 a terminalwhich is connected to then twork and with which the received stereophonic signals arereproduoed • 5 
via loudspeakers. 

The digital signal or sample values arriving serially on the line 1 are fed to a serial^o-parallel converter 2^in 
. which they are converted to parallel form with a word length of q bits. In the embodiment q = 15>accordmglyr 
the transmission linehasqparallel wires. ThesequenceofincomingsamptevaluesisdenotedinFigurel by 
10 PfNKwhere'N is thesequence index. 10. 
ThesamplevaluesP(N)arereceivedata repetition rate of fc = 32 kHz. In art intisrpdiation filter 3, they are . 
convertedtoaninterpolatedsignal-valuesequenceQ(K)withthesamequantisationqbutatarepetitionratef^ . 
Increased by an oversampling factor U. 

The output of the interpolation filter 3 is connected via an adder stage 4 to the Input of a quantiser 6. In the 
15 quantiser 6, the signal values S{K)fromthe.adderstage4, which arrive as parallel word containing q = 1^^ 15 
and will be explained below, are reduced in words length, so that r-bit parallel words (e.g. r= 1 1 ) are providecf 
atthe output. 

lnasubtracter8,aquantisation-errorsequenceD(K)isformedbysubtractingtheoutputsignais.Y{Ky^ 
quantrser6from the input signals S(K). In the embodiment, the quantisation-error values Consist of the 
20 separatedleastsignificantbitsofS(K).lnanerrorfilter10,feedbackvaluesF(K)arederivedfromthe . 20 
quantisation-error values D(K).ThBy are added in the adder stage 4 to the output-signal values Q{K) from, the * 
interpoIatingfilterSto obtainthe input-signal values S(K)forthequantiser 6. If theerror filter 10 has asuite^ 
time response;the quantisation-errorfeedback, which is known perse, causes that component of the 
quantisation noise spectrum in the output signal Y{K) of the quantiser 6 which lies in the audible range to be 
25 shiftedtowardhigherfrequencies, i.e. outsidethe audible range. 25 
Toafirstapproximation,itcanbeassumedthatthequantisat!DnnoiseofaD/Aconvertercorrespondsto. . 
white noise and is not correlated with the input signal. The quantisation gives a noise signal Yst which addsto 
the useful signal YNutzattheoutputofthe quantiser, throughthefeedback of thequantisationerrortpthemput 
of the quantisers, one obtains 
30 30 
Y=YNutz+[1-G(Z))*Yst 

where Z == 6*^117^ — cos{2'n|- + j.sin (2T4-y 

35 To Tn To . .35 

f= noise frequency 

fo = U*fc = out put rate of Y<K) 

40 40 

The relative noise amplitude is 

Y-YN„tr = Y-st = 1-G)Z) 

Yst Yst ■ 

45 . * . 45 

If a simple delay element {Z"'*) is used forthe errorfilter, then 



50 * 
An errorfilter of degree M can be implemented, for example, by setting 



50 



1-G(Z)=[1-Z-^r 

.55 ItcanbeshownthattherelativepowerdensityDofthecorrectednoisesignalisthengivenby 55 
D=:^-*22'«*sin2M{-^--L, 

60 In Figures 2 and 3, the relative powerdensityD of the corrected n ise signal is plotted against frequency, with .60 
thefilter degree M as a parameter. Figure 2 holdsf or an oversampling factor of U = 4, and Figure 3 for an 
dversamplingfactorof U ^S.Thescalefactorl/frnaxOfthedrdinatecorr spondstothe noise signal of a D/A . 
converterwithoutquantisation-^rrorfeedback. In Figure 3, thisscal valuelies outside the drawing becauseof 
the enlarged ordinate scale. 

65 ' FromFigures2and3itcanbeseenthattheareabel wthe curves and, thus, the power density of the noise 65 
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signal ^ rapidly with increasing ov rsampling factor U and increasing filter degree M 

*® ''"Pra^ementin signal-to-noise ratio resulting from the quantisation-errortreatment 

OB + 9i dB. The word length of the sample values may be reduced bv one bit ner fidR imnrm/ar«*.r.; i« 
5theffrsthereducedwordlengthisonly11bltsinsteadlof15bits.andK^ , 
Accctothe power-density spectra Illustrated in Figures 2 and 3. a considerably areaterworrf ien^ih 
reduct/lwouldbepossibleJnderivingthepower-densityspectra,howeler^j^^^^^^^ 
q"af,«|noise is not correlated with the useful signal. This assumption is only conditlonallvtrue ho^^r 
Part,cJtaverylownoiselevel.thereissuchacorreIation,whichiimitstheJorS^^^^^^^ 
W.Theref|.ecurvesofRgures2and3andthesignal-to-noiseimprovementsderivedtherefrom ,„ 

-G(Z) = [l-Z-ij» 

IS 

= 1 -4Z-1 -h6Z-2-4Z-3+z-« 15 
G(Z) =4»Z-'-6Z-2+42-3-Z-^ 

counter 16 hasa word length of p bits i ^ft hasn^^^Hli!^'^ 1 ."^ addresses forthe ROM 14. The 

f,= 2P*fo = 2P*U*fc 
and reset atthefrequencyfc. 

The <5inn a I 



30 



35 



30 



^^'^^'Hi Liic iit^quencyTQ 

40 oJ?:^?sr^rp?s^^^^^ 

The pulse oackets 23 Irf^^ '^ .? !^^'^'**^'® Rgiires5and6. 
abouta^el^Se'^-r^^^^^^ 



40 



T2=J 

Ufc 

apart 



so corresponds exactlyto the digital signal va?ue Y^^^ 



T=4*T2 

55 



1 =128kHr 



_ = 128kHz 

60 



^oI^'^oTmTpI^^ is a mixedpulse-ampmude-pulse-width ®° 

fron, leftto right. Onlythetwo outerpulsesS^^^^^^ 
amplitude-modulated,whiletheDulses23haSr • 
65 pulsepacketis2»P(K). ^^^^*'^''®*''^'"^^""'"'a'"P«t"de.Thenumberof innerpulsesofthe 

65 
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The signal value Y(K) is represented by the values Oto 1 0. 

Y(K)=YnoY9Y8Y7Y6Y5Y4Y3Y2YiYo " . .... . 

5 P(K) Ni(K), ... 5 

i.e.P(K)isrepresentedbvrthethreemostsignificantbitsYiotoY8,and . 
IMilKlbythebitsYytOi, 

10 ' 10 

If, for example, a pulse consistsof 2^ = 128 sub-areas, and the maximum number of pulses of a packetis 
2^ = 1 6, the geometry of the pulse packet can be represented in a simple manner: 



15 



15 



P(K) = YioYsYe (three most significant bits) 
Ni(K) = Y7Y7...Yi : 
20 N2{K) = N,{K) ifTo.= 0 . 20 

N2(K) = Ni(K)+1ifYo = 1. * . . 

JntheROM 14 of the coding circuit 12, the pulse heights corresponding to the signal values Y(K) arestoredm 
25 locations 0 to 1 5, whose addresses are formed by the counter 1 6. The latter, as mentioned above, is clocked at 25 

thefrequencyfi and reset atthefrequencyfc. Since, withsuch a simple lavtfforformingthefndividual^ 

signal-amplitudevaluesW(U),thecodetableintheROM 1 4 shows great redundancy, the ROM 14 rfiay be." 

replaced by a PLA (programmable logic array) device, which requiresconsiderably fewer locations. 
Rgure 7a shows the nnearityerrorofaconventionalD/Aconverter, the errorhavmgtheform of a sagging 
30 curve. Thiscurveistransversed repeatedly with increasing AF amplitude asthe outer pairsofbars.ofthepulse- 30 

packet 22 grow. This results in a repeated image of the curves of Figure 7a as shown in Rgure7b. Referredto. 

the final value Ymac* the linearity error with this form of signal output is reduced to 

35 ^^-2P-^ . . 35 

where p = number of bits of thecounter.16 

2^"^ — maximum numberofpairs of bars per pulse packet 

40 Rgure7cshows an additional nonlineantyA2in theform of a step error, which, according to thefprmation 40 
law just explained, is caused by the fact that, in an n-bit D/Aconverter, for example, a bar has n height steps but 
only n—1 sub-areas between ^e heightsteps. . 
Thefollowingtablel Hiustratesthlsproblemirithebinarynumbersystem, 

45 TABLE 1 - 45 



Y(K) 


PiK) 


NKK) 






YtoYsYe 


Y7...Y,% 




r 

50 257 


.001 


00000001 


. . 50 


256 


001 


00000000 




255 


000 


11111111 




254 . 


.000 


11111110 




. 253 


000 


11111101 




55 • 






.55 


60 5 


000 


00000111 


■ .60 




000 


000001 00 




3 


-.000 


0000001 1 ... 




2 


000 


00000010 




.1 


boo 


00000001 




65 0 . 


000 


00000000 


• 65 
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TABLE 2 

Y{K) _P(K) NKK) 

Y-ioYgYe Yy^.Y-i Yq 

5 

001 00000001 
001 00000000 
000 11111101 
000 11111100 

10 



255 
254 
253 
252 
10 - 



15 5 000 00000101 15 

4 000 00000100 

3 000 00000011 

2 000 00000010 

1 000 00000001 

20 0 000 00000000 20 

Asignal value N1(K) reaches its maximum numerical value already atY(K) 254, and cannot be further 
increased atY(K) = 255. At the signal value Y(K) == 256, the high-order bit group P(K) increases from binary 000 . 
to 001, so that according to the formation law explained above, the maximum bar height of N1 (K)max = 127 Is 
25 set again. Atthe three signal values Y(K) = 254, 255 and 256, the bar height is thus equal to 127.The 25 
monotonous increase of the function is thus disturbed over two positions, as can be seen from Figure 7c. 

The additional non-linearity can be eliminated by adding a bit representing the 128th height step to the word 
length of the D/A converter 18. Within the range of validity of the bit group P(K),the D/A converter 18 then 
outputs the value IOOOOOOO2. if the value N1(K) = 1 1 1 1 1 1 lar and Yo = lathis highest-order current source will be 
30 activated an additional time atthe right-hand partial pulse NaCK). 30 
This has the disadvantage that, to represent only one missing quantisation step, the accuracy of the DA 
converter must be increased by afactor of 2 (one additional bit). To avoidthis disadvantage, the base of the 
numbersystem is changed from 2®"^ to 2®"*"^ -2, where s = word length of the D/A converter. 
In the present embodiment, where s = 7,the base of the numbersystem is reduced from 256 to 254. This is 
35 illustrated in table 2. The carry from P(K) = 0 to P(K) = 1 takes place at Y(K) = 254. Again. 35 

N2(K) = Ni(K) ifYo = 0,and 

N2(K) = Ni(K) + 1 ifYo=l 

40 40 

Thus,if Y(K) = 253, then Nkk) = 126and N2(k) = 127. 

If Y(K) = 254, then N^k) = ^2(0 = 0,butP<K) = 1,wherebyaninnnerpairof bars is set to the maximum value 
127. For Y(K) = 255, a new outer pair of bars begins because Ni(k» = 0, and N2(k) = 1 ■ The area of the pulse packet 
22 thus increases continuously. 
45 ThetotalrepresentablenumberofstepsY(K)max#however,isreducedfrom16x 128 = 2048to16x 127= 45 
2032. The AF dynamic range is thus reduced by about 8%. This, however, is practically negligible. The base 
conversion is stored also in the form of an allocation table in the ROM 14. 

Another advantage of the conversion of signal values to pulse packetslies inthefactthatthis prevents the 
occurrence of undesired voltage spikes in the D/A converter 1 8. These are generally caused by delay 
50 differences in the current switches of the D/A converter, particularly if the latter switch altemately, between the 50 
digital values 1 000000 and Oil 11 1 1 . This causes transient currents which result in undesired spikes- also 
known as "glitches" - in the analogue signal and, thus, impairthe signal-to-noise ratio of the entire circuit. 

Part of the current sources of the D/A converter are turned on at point A of the pulse packet 22 (Figure 6, atthe 
right), and the remainder of the current sources are turned on at point B. At point C, only part of the current 
55 sources are tumed off, andatpointD,theremainderofthecurrentsourcesareturnedoff. 55 

Alternate tum-on and turn-off can occur only at a very high AF input level if two successive pulse packets, 
follow each other without interruption. This case isstatistically very rare, however. In addition, th undesired 
noise thus caused is then masked by the high loudness level. Figure 8 shows a s cond pulse output form. In 
each of th pulse packets 22a, unlike in the pulse packets 22 of Rgure 6, only one outer bar increases in h ight 
60 with continuously increasing amplitude, this amplitude-modulated bar 23a adjoining alternately the right- and 60 
left-hand sides of the puis packet Despite this asymmetry, the centres of the pulse packets 22a remain largely 
equidistant, the time error is greater than with the pulse output form of Figures 5 and 6 but still small compared 
with the periodTof the AF cycle. 
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The maximum time error is 
T 1 

At„ax =S 2.fi 2P+^U.fc • 

5 ^ 

where 2Pisthe maximum number ofpulses per pulse packet. 
TTiefollowing relation holds: 

10 At_.. = f..= "io 



1 

At an audio frequency of fwF fc = ^IcHz, 

15 .15 

. _ 1 
. T^,P^ 2P«U 

Ifanoversampiingfactorof U=8andacountIength of p =3arechosedasinthecaseof thepulsepacketsof . 
20 Figure8,themaximumtimeen'orreferredtotheAFperiodisonly0.2%.ThedIstortlonfactorissma!l 20 
compared with this time error and, thus, negligible. The advantageof this pulse outputform overthat of 
Figures 5 and 6 lies in the factthat, for the same factor U and the same word length p, the numberof partial 
curves(cf. Figure 7b) doubles. thelinBarityerror,referredtothemaximumoutput,levelisthushaIved,i.e. . . .. 

25. . = i . . 2S 

2P 

On the other hand, with an unchanged linearity requirement, the oversamplingfactorU can bedpubled. 
without having to double the output pulse repetition frequencyfv As explained above, this reduces the word 
30 IengthrofthevaluesequenceY{K)to,e.g.10bits,andtheresolutionsoftheD/Aconverterto7bits.The '30 
addressrangep + roftheR0M14isreducedby2bits. - 

To eliminate the need for an additional bit in the D/A converter to representthe 24h sub-area of a bar,.the 
baseofthenumbersystemcanagainbeconvertedbymeansofahallocationtabIeinthememory14oraPLA, . 
device. Since individual bars rath^rthan pairs of bars are constructed here in succession, the base mustbe 
35 reduced from 2®to2®-1. 35 
Figure 9 shows a third outputform of pulse packets 22b. The pulses are symmetrical with respect to a 
reference voltage of, e.g. 1/2*Umax. Depending on the sign oftheamplitudeoftheAFsignaI,the pulses, 
referred to the reference voltage, are positive ornegative. Figure 9a shows the zero crossing of an AF wave of 
small amplitude. It can be seen that there is no time error at low AF input levels. The time error occurs only at 
40 large ampi itudes, at whf ch it is neutralised by the well-known masking effect A zero crossing of an AF wave of 40 
large amplitude Is shown In Rgure 9b. 

Here, a particular advantage is that atsnriall amplitudes, also the harmonic content produced by the 
sampling frequency is small. The ratio of theharmonicstotheamplitudeof the AFsignalisthus largely 
constant. The analogue low-pas filter 20 can therefore be chosen to be of a lower degree than vyith the first . 
45 pulseoutputforms.Theformationruleforthethirdpulseoutputform,too,isstoredinthefonT»ofanalIocati^^ 45 
table in the ROM 14. 

With a 7-bit D/A converter, for example, the centerline 1/2 U^ax corresponds to the digital value 10000002, for 
example, Afterthe zero crossing of the AF wave, the digital value is slightly smaller, e.g. 0111111. However, 
thistransition,asmentionedabove,resultsinanundesiredtransientvoltagespikebecauselnthiscaseall . 
50 currentsourcesoftheD/Aconverterswitchatthesamelnstant. 50 
Such voltage pulses can be avoided with the.arrangement of Rgure 10. Inthis arrangement, the coding 
circuit 1 2 includes a ROM 24 whose two outputs are connected to a gate circuit 27 bylines 25 and 26, 
respectively. Of the output data of the memory 24, the absolute value is fed to the gate circuit 27 overthe line 
25, and the sign over the line 26, The outputs of the gate circuit 26 are connected to afirst D/A converter 29 by a 
55 line28,andtoasecondD/Aconverter31 by a line 30. Each ofthese D/A converters 29, 31 has half the resolution 55 
oftheD/AconverterlSof Figure1.TheoutputsofthetwoP/Aconverters29,31 are added in a summing circuit 
32, and the sum is fed to the low-passfilter 20, whose output provides the AFsignaL 

If the sign is positive, the gate circuit 27 applies the absolute value overthe line 28 to the Input of the first D/A 
converter 29, and the highestabsolute value 11 iniaas a fixed value overthe line 30 to the inputofthesecond 
60 D/Aconverter31.lfthesignis.negative,thegateclrcuitnegatestheabsoIutevaluebitbybit,i.eJtform^ . CiO 
binarycomplementandfeedsittothesecondD/Aconverter31,whileallbitstransf rr d overthe line 28 to the 
first D/Aconverter29ar changedto logic 0. 

To eliminate th n ed for the additional bit required in the present example to represent the 2^h sub-area, in 
the embodiment of Figure-10, too,the base of the number system can be changed from 2® = 64 to 2®-l = 63, 
65 preferably also by means ofan allocation table stored in the ROM 24. ■ . 65 
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CLAIMS 

1. A digital to analoguecircuit arrangement comprising a digital-to-analogue converterfollowed by a 
low-pass filter, characterised in that the digital-to-analogue converter is preceded by a coding circuit In which 

5 the digital signal valuesaretransfonried into pulse packets which consistof a nunriberofpulsesfollowingeach 5 
other without interruption and having a repetition frequency equal to a multiple of the repetition frequency of 
the signal values, that the pulse packets have a shape which Is largely symmetrical with respect to equidistant 
centerlines, that a pulse on one and/orthe other side of the centerline of the pulse packet has an amplitude 
smaller than or equal to a maximum value, while all other pulses of the pulse packet have the maximum value 

10 and thatthetime integral overa pulse packetcorrespondstothedigital signal value atthe input of thecoding 10 

circuit. 

2. A circuit arrangement as claimed in claim 1 , characterised in that the coding circuit contains a read-only 
memory and a counterwhich addresses the read-only memory. 

3. A circuit arrangement as claimed in claim 1 , characterised in that the pulses are constructed by the 

15 coding circuit alternately on both sides of the centerline of the pulse packet. 1g 

4. A circuit arrangement as claimed in claim 3, characterised in that the pulse packets are composed of 
pulses in the form of bars arranged in pairs about the centerline. 

5. A circuit arrangement as claimed in claim 1 , comprising an interpolating filter in which the digital signal 
values received at a first repetition frequency are changed into signal values of increased repetition frequency, 

20 a quantiser In which the number of parallel bits constituting the individual signal values is reduced, an error 20 
filter In which quantisation-errorvalues are formed from the difference between the input- and output-signal 
values of the quantiser and fed backto the input of the quantiser, a digital-to-analogue converter in which the 
signal values delivered by thequantiserare converted to an analogue signal, and a low-pass filter which 
suppresses the sam pling-frequency components in the analogue signal, characterised in that between the 

25 output of the qantiser and the input of the digital-to-analogue converter, a coding circuit is inserted in which 25 
the output signal values of te quantiser a ret ran sformed into pulse packets of the increased repetition 
frequency, that said pulse packets are symmetrical with respect to instants following each other atthe 
increased repetition frequency, and thatthetime integral of the amplitudes of each of the pulse packets 
correspondsto the amplitudes of the digital signal values of increased repetition frequency. 

30 6. A circuit arrangement as claimed in claim 2, characterised in thatthe counter is clocked at af requency 30 
which is greatier than the repetition frequency of the output-signal values of the quantiser by a factor of 2^, 
where the number p is equal to the number of outputs of the counter, and thatthe counter is reset atthe 
repetition frequency of the incoming signal values. 

7. A circuit arrangement as claimed in claim 1, characterised i n that the coding circuit has two outputs 

35 connected via a gate circuit to the inputs of a first digital-to-analogue converterand asecond 35 

digital-to-analogue converter, andthat the outputs of the digital-to-analogue converters are connected toa 
summing unit. 

8. Acircuit arrangement as claimed in claim 7, characterised in thatthe signs of the output-signal values 
and the absolute output-signal values of the coding circuit are transferred to the gate circuit over a first line and 

40 a second line, respectively, that, if the sign is positive, the absolute value is fed to the first digital-to-analogue 40 
converter, and the highest possible absolute value (11111112) to the second digital-to-analogue converter, and 
that, if the sign is negative, the absolute value is negated bit by bit and fed to the second digital-to-analogue 
converter, whilethe first digital-to-analogue converter is presented exclusively with zero bits. 

9. A digital-to-analoguecircuitarrangementsubstantially as described herein with referenceto the 

45 drawings. 45 

10. A method for converting a digital signal to an analoguesignal using a circuitarrangementasclaimed in 
any one of the preceding claims, comprising the following steps: increasing the repetition frequency of the 
incoming signal values by interpolation, reducing the word length of the signal values of increased repetition 
frequency, deriving an error signal from the difference between the interpolated signal values of increased 

50 repetition frequency and the signal values having a reduced number of bits and the same repetition frequency, 50 
band limiting the error signal by digital filtering adding the band limited error signal to the signal values of 
increased repetition frequency, converting the signal values of increased repetition frequencyto an analogue 
signal, and suppressing the clock-frequency components by analogue postfiltering, characterised in thatthe 
signal values having a reduced number of bits and increased repetition frequency a re con verted to pulse 

55 packets of the same repetition frequency which are symmetrical with respect to instants following each other 55 
atthe increased repetition frequency, and thatthe time integrals of the amplitudes of the individual pulse 
packets correspond to the amplitudes of the incoming digital signal values. 

11. A method as claimed In claim 9, characterised in thatthe repetitionfrequency of the digital signal 
values is increased by an oversampling factor of 2 to 8. 

60 12. A method for converting a digital signal to an analogue signal substantially as described h rein with GO 
reference to the drawings. 
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